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Foreword

This Technical Report has been produced by the 3rd Generation Partnership Project (3GPP).

The contents of the present document are subject to continuing work within the TSG and may change following formal TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an identifying change of release date and an increase in version number as follows:

Version x.y.z

where:

x
the first digit:

1
presented to TSG for information;

2
presented to TSG for approval;

3
or greater indicates TSG approved document under change control.

y
the second digit is incremented for all changes of substance, i.e. technical enhancements, corrections, updates, etc.

z
the third digit is incremented when editorial only changes have been incorporated in the document.

1
Scope

3GPP has specified how to combine CS call and IMS Sessions but has not yet addressed the interworking between e.g. a pure IMS voice/video session and a combination of a CS call and an IMS session.
The present document studies how to handle terminating real-time sessions and calls taking into account different domains (CS, IMS) and different UE capabilities (CSI, IMS VoIP, etc.).
2
References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

· References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

· For a specific reference, subsequent revisions do not apply.

· For a non-specific reference, the latest version applies. In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

[1]
3GPP TR 21.905: "Vocabulary for 3GPP Specifications".
[2]
3GPP TS 23.228: "IP Multimedia (IM) Subsystem - Stage 2".
[3]
3GPP TS 23.279: "Combining CS and IMS services - Stage 2".
[4]
3GPP TS 23.206: "Voice Call Continuity between CS and IMS - Stage 2".

3
Definitions, symbols and abbreviations

3.1
Definitions

For the purposes of the present document, the terms and definitions given in TR 21.905 [1] and the following apply. A term defined in the present document takes precedence over the definition of the same term, if any, in TR 21.905 [1].
CSI origination: the case when a UE initiates a CS call and subsequently adds an IMS session(s), or vice versa, addressed towards the same user.
CSI termination: the case when a call to a UE is terminated in the CS domain (i.e. for real-time component), while an IMS session(s) from the same originating user and towards the same UE is terminated in the IMS/PS domain.
IMS origination: the case when a UE initiates an IMS session(s) and the CS domain is not involved in the originating part of the session(s).
IMS termination: the case when an IMS session(s) is terminated in the IMS/PS domain and the CS domain is not involved in the terminating part of the session(s).
CSI AS: an application server functionality in IMS, that serves as a control entity for CSI interworking. This functionality can be co-hosted within a standalone or any existing application servers.
3.2
Abbreviations

For the purposes of the present document, the abbreviations given in TR 21.905 [1] apply.
4
Scenarios for CSI interworking
The followings are the scenarios which are being considered in this TR. Note that other scenarios may be added if identified.

Assumption:
-
The CSI capable UE is registered to IMS domain.

-
The CS MSISDN of the UE is equal to its IMS MSISDN (i.e. the number used for the Tel URI).

-
Non IMS registered UE with CSI capability acts like already defined mechanism (e.g. voice mail, routing towards CS domain).
Scenario 1: voice call of IMS origination and CSI termination:
-
A UE initiates an IMS session for a voice call and the voice call is terminated in the CS domain of a CSI capable UE.
Scenario 2: Multimedia session of IMS origination and CSI termination:
-
In a case a UE initiates an IMS session containing a voice call and other media toward a CSI capable UE. The voice call to the CSI capable UE is terminated in its CS domain, while an IMS session with other media than that for the voice call is terminated in the IMS/PS domain. Otherwise, multimedia sessions not containing a voice component are terminated in the IMS domain of the CSI capable UE.

Scenario 3: adding IMS session to existing voice call of IMS origination and CSI termination:
-
Two UEs are in a voice call established using IMS origination and CSI termination and want to add the IMS session to the existing voice call. Either direction for adding the IMS session is possible.


Scenario 3.1: The IMS session is added by the UE of the IMS origination.


Scenario 3.2: The IMS session is added by the UE of the CSI termination.

Scenario 4: adding voice call to existing IMS session:
-
An IMS session has been established between two UEs and one of them wants to add the voice call to the existing IMS session.

Scenario 4.1: The Voice call is added using IMS origination.


Scenario 4.2: The Voice call is added using CS origination.
Scenario 5: session modification scenarios: removing media component:
-
A multimedia session has been established between two UEs in IMS origination and CSI termination direction, session modification request is initiated in the same direction to remove media component from this session.


Scenario 5.1: real-time media component is removed.


Scenario 5.2: non real-time media component is removed.

Scenario 6: session modification scenarios: adding media component:
-
A session has been established between two UEs in IMS origination and CSI termination direction, then session modification request is initiated in the same direction to add media component to this session.


Scenario 6.1: real-time media component is added to non real-time session.

Scenario 6.2: non real-time media component is added to real-time session.
Scenario 7: CSI origination and IMS termination scenarios.

Scenario 7.1: A voice call has been established between two UEs, session establish request is initiated in CSI origination and IMS termination direction to add a combined IMS session to this call.

Scenario 7.2: An IMS session has been established between two UEs, call establish request is initiated in CSI origination and IMS termination direction to add combined voice call to this IMS session.
5
Architectural requirements
The following general requirements are applicable to CSI interworking:
-
It shall be possible to interwork between IMS origination and CSI termination for sessions that include a realtime (e.g. voice) component.
NOTE:
This implies the capability to perform the termination of the voice component of the session in the CS domain as a CS call.
-
Impacts to IMS origination by the nature and capabilities of the terminating side of the session (i.e. whether IMS or CSI termination is applied) shall be minimized.
-
Impacts to IMS termination by the nature of the originating call (i.e. whether IMS or CSI origination is applied) shall be minimized. I.e. standard IMS termination procedures should apply irrespective of the nature of the origination possibly taking into account the capabilities of the terminating UE.
-
There shall be no requirement to maintain time synchronization between media transferred over different domains.
-
The terminating CS domain and the originating IMS domain shall not to be impacted.

-
The impact on UE behaviour relating to the origination and termination of IMS sessions shall be minimized.
-
The impact on UE behaviour relating to the origination and termination of CS calls shall be minimized.
-
The behaviour of CSI termination/origination shall be backward compatible to the behaviour specified in TS 23.279 [3].

-
It shall be possible to apply CSI termination and VCC (that is specified in TS 23.206 [4]) in the same network.
-
When an IMS session with voice call component arrives in the terminating IMS core for the CSI termination,, the voice part of the session should be terminated in its CS domain, even if the UE for the CSI termination is not IMS registered.
6
Proposed Solutions
6.1
General architecture
A CSI application server (CSI AS) is introduced in IMS to meet the requirement of the CSI interworking.
Figure 6.1 describes the general architecture for CSI interworking when IMS origination and CSI termination is used.

[image: image3.emf]CS

IMS

xRAN

CS 

domain

1

PS 

domain

1

PS 

domain

2

IMS 

domain

2

IMS domain

1

xRAN

UE 2

UE 1

      CSI AS

Gm

Uu/Um

Mw

Gm

IMS

CSI termination

IMS session (for other)

CS call (for voice)

Multimedia IMS session (for voice and other)

IMS origination


Figure 6.1: General architecture and signalling flow in case of IMS origination and CSI termination
The thick solid lines with colours present the signalling flow between UE 1 and UE 2. The multimedia IMS session (blue line) which is initiated by UE 2 is routed to the control entity in IMS domain 1, and then spited by the CSI AS into two sessions: one is for the voice call and the other is for other services. The control entity forwards the voice call (yellow line) to CS domain 1, while it forwards the IMS session (green line) for other services to PS domain 1.
Figure 6.2 describes the general architecture for CSI interworking when CSI origination and IMS termination is used for the CSI interworking.
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Figure 6.2: General architecture and signalling flow in case of CSI origination and IMS termination
The thick solid lines with colors present the signalling flow between UE 1 and UE 2. The voice call (yellow line) which is initiated by UE 1 is routed to the UE 2 via the IMS domain 2 with normal CS/IMS interworking procedure, while the IMS session for other services is routed to UE 2 with normal IMS routing procedure.
NOTE:
This is for the case when the UE in CSI origination is not subscribing the VCC service.
When an IMS session with voice component arrives in the S-CSCF of CSI termination (UE is IMS registered), the S-CSCF forwards the session to the CSI AS based on the initial Filter Criteria (iFC) downloaded from the HSS.
It is FFS whether the IMS session with non-voice component shall also be forwarded to the CSI AS.

The CSI AS decides how to process the incoming session. Detailed behaviours for the CSI AS are described in clause 6.2
6.2
CSI Application Server (CSI AS)
CSI AS is a functional entity that control CSI interworking. When CSI AS receives the session from the S-CSCF, it performs termination logic.
The main functionality of the CSI AS is:
-
to register the UE which has CSI capability via 3rd party registration when the UE registers to IMS;

-
to control the CSI termination by implementing a 3rd party call control logic (as per TS 23.228, clause 4.2.4) and;
-
to perform termination logic, i.e. examine the media components of an IMS session targeted toward a CSI capable UE and make a decision how to terminate them;

-
to decide whether to keep in the session path or not;

-
to handle session separation/forwarding/combining.
Below are some of the factors which could influence the terminating session handling:
-
SIP Feature tags or Service IDs or lack thereof;

-
SDP Media components;

-
UE capabilities.
It is FFS whether the additional information are needed to be considered.
6.3
Registration of CSI capable UE

6.3.1
3rd party registration

The CSI capable UE indicates its CSI capability during the IMS registration procedure. S-CSCF may use this information to trigger a 3rd party registration, through which The CSI UE is registered to the CSI AS.

The CSI AS may use the CSI capability of the UE in order to perform termination logic when a terminating session is forwarded to the CSI AS.
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Figure 6.3: 3rd party registration for CSI AS
6.3.2
Initial Filter Criteria

An initial filter criteria is installed on relevant user’s service profile regardless of their subscription so that the incoming call request related to CSI interworking will be forwarded to the CSI AS.

The initial filter criteria for CSI interworking should be defined properly in order for S-CSCF to identify the incoming call request and forward it to the CSI AS.

Trigger Point in the initial filter criteria may use the following criteria:
-
IMS Communication Service ID, or lack of IMS Communication Service ID;
-
etc.

For the services which only use the PS domain (e.g. PoC, messaging), the initial fitter criteria should be configured not to forward the INVITE messages to the CSI AS.
6.4
Call flows for scenario 1: Voice call of IMS origination and CSI termination
Figure 6.4 describes the call flow for the voice call of IMS origination and CSI termination, which corresponds to the interworking Scenario 1 (see clause 4). The UE 1 is CS attached.

NOTE:
The procedure below is simplified for clarity, e.g. some entities are omitted, but the normal IMS procedure for IMS/CS interworking procedure shall be applied.
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Figure 6.4: Call flow for the voice call of IMS origination and CSI termination
The procedure is as follows:

1.
The UE 2 initiates the voice call by sending the INVITE message towards the UE 1.

2.
The S‑CSCF 2 of the originating network sends the INVITE message for the voice to the S-CSCF 1 of the terminating network.

3.
Triggered by the applicable iFC, the S‑CSCF 1 routes the INVITE message to the CSI AS, which is the CSI control entity in the terminating network.
4.
The CSI AS invokes a Termination Logic (see clause 6.1) that decides to terminate the voice session via the CS domain 1 of the terminating network.
5.
The CSI AS, acting as a 3rd party call control function, sends an INVITE message for a new voice session to the S‑CSCF 1, which contains a Tel URI corresponding to UE 1.
6-12
The normal information flow takes place, as in case of the IMS/CS interworking, for establishing a voice call toward UE 2 via CS domain 1.

13-15
The CSI AS accepts the original session request from UE 1 by sending a 200 OK message to UE 1 via S‑CSCF 1 and S‑CSCF 2.

16
Finally, the CS voice bearer and VoIP bearer are created.

6.5
Call flows for scenario 2: Multimedia session of IMS origination and CSI termination
Figure 6.5 describes the call flow for a multimedia session (e.g. with both voice and messaging components of IMS origination and CSI termination, which corresponds to the interworking Scenario 2 (see clause 4).

The assumption is that UE 1 is both CS attached and IMS domain registered. Also, the MSRP protocol is used for transporting the messaging component.

NOTE:
The procedure below is simplified for clarity, e.g. some entities are omitted, but the normal IMS procedure for IMS/CS interworking procedure shall be applied.
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Figure 6.5: Call flow for the multimedia session of IMS origination and CSI termination
The procedure is as follows:

1.
UE 2 initiates the multimedia session for voice and MSRP by sending an INVITE message towards UE 1.
2.
The S-CSCF 2 of the originating network sends the INVITE message for the voice and MSRP to the S-CSCF1 of the terminating network.
3.
Triggered by the applicable iFC, the S-CSCF1 of terminating network sends the INVITE message for the voice and MSRP to the CSI AS.
4.
The CSI AS invokes the Termination Logic (see clause 6.1) that decides to split the original IMS session into two sessions: One with the voice media component that will be terminated via the CS domain 1 of the terminating network and another with the messaging component that will be terminated via the PS domain of the terminating network (or any other IP-CAN used by UE 1). The CSI AS acts as a 3rd party call control entity for initiating and controlling these two sessions.
5.
The CSI AS initiates the first session with the voice component by sending an INVITE message to S-CSCF 1 containing a Tel URI corresponding to UE 1.

6-8 & 11-14
Normal IMS/CS interworking functionality is invoked and a CS voice call is established toward UE 1 via CS domain 1 of the terminating network.

9.
The CSI AS initiates the second session with the messaging component by sending an INVITE message to S-CSCF 1 containing a SIP URI corresponding to UE 1. CSI AS uses any information available to ensure to send the second session to the same terminating UE as the destination of the voice call.

10 & 15-16
UE 1 accepts the messaging session by sending a 200 OK message to CSI AS.

17-19
The CSI AS accepts the original INVITE message from UE 2 by sending to UE 2 a 200 OK response.

20.
Finally, the CS voice bearer, the PS VoIP bearer, and the PS MSRP bearer are created. Note that the MSRP media could go through the CSI AS.
6.6
Call flows for scenario 3: adding IMS session to existing voice call
Figure 6.6 depicts the case when the INVITE message for a new IMS session is sent outside of the existing dialog for the voice call, which was established though IMS origination and CSI termination. This flow is for the case when the CSI AS is not interrogated during the session setup.

This also corresponds to the interworking Scenario 3-1 (see clause 4).
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Figure 6.6: Call flow for adding IMS session to existing voice call using a new dialog
1.
The UE 2 initiates a request for adding the MSRP by sending the INVITE message towards the UE 1. Note that the new session is initiated as a separate dialog from the existing session for the voice call.

2.
The S-CSCF 2 of the originating network sends the INVITE message for the MSRP to the S-CSCF 1 of the terminating network.

3.
The S-CSCF 1 sends the INVITE message for the MSRP to the UE 1.
4.
The UE 1 responds to the INVITE message with the 200OK message.

5.
The S-CSCF1 sends the 200OK message to the S-CSCF 2 of the originating network.

6.
The S-CSCF 2 of the originating network sends the 200OK message to the UE 2.

7.
Finally, the user plane for the MSRP is created. Note that the MSRP media could go through the CSI AS.

NOTE:
The IMS session addition from UE 1 (CSI termination), which corresponds to the scenario 3-2 (see clause 4), is done in the same way as depicted in figure 6.6.
Figure 6.7 shows an alternative call flow for adding an IMS session (e.g. an MSRP session) to an existing voice call with IMS origination and CSI termination, which corresponds to the interworking Scenario 3 (see clause 4) (note that the voice call setup in case of IMS origination and CSI termination is described in clause 6.4).
The call flow assumes that the INVITE message is linked to the existing dialog which necessitates the flow through the CSI AS.
NOTE:
The procedure below is simplified for clarity, e.g. some entities are omitted, but the normal IMS procedure for IMS/CS interworking procedure shall be applied.
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Figure 6.7: Call flow for the scenario 3: adding an IMS session to an existing voice call
The procedure is as follows:

1.
The UE 2 initiates a request for adding the MSRP to the existing voice call by sending the INVITE message towards the UE 1.

2.
With normal IMS routing (e.g. based on the request URI), the S-CSCF 2 of the originating network sends the INVITE message for the MSRP to the S-CSCF 1 of the terminating network.

3.
Triggered by the applicable iFC, the S-CSCF 1 of the terminating network sends the INVITE message to the CSI AS.
4.
The CSI AS invokes the Termination Logic (see clause 6.1) that decides to terminate the MSRP session to UE 1 over the PS domain (or any other IP-CAN currently used by UE 1). The CSI AS can notice that the received INVITE message is a request for adding an MSRP session to the existing voice session of UE 1.

5-11
The CSI AS sends to UE 1 an INVITE message requesting an MSRP session. UE 1 accepts this request by sending a 200 OK response, and in turn the CSI AS sends a 200 OK response back to UE 2.

12.
Finally, the user plane for the MSRP is created. Note that the MSRP media could go through the CSI AS.

6.7
Call flows for scenario 4: adding voice call to existing IMS session
Figure 6.8 describes the call flow for adding a voice call to an existing IMS session of CSI origination and IMS termination, which corresponds to the interworking scenario 4 (see clause 4). The assumption is that UE 2 and UE 1 are already registered to IMS and have established a messaging session that uses the MSRP protocol.
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Figure 6.8: Call flow for adding voice call to existing IMS session (CSI to IMS)
The procedure is as follows:

1.
The UE 1 initiates a request for adding the voice call to the existing IMS session by sending a SETUP message that contains an E.164 number (in called party) which corresponds to UE 2.

2.
As per normal CS/IMS interworking procedures, the CS domain 1 of the originating network sends an IAM message to the MGCF/MGW of the IMS terminating network.

3.
The MGCF/MGW of the terminating network sends an INVITE message for a voice session to the S-CSCF 2 of the terminating network.

4.
The S-CSCF 2 sends the INVITE message for the voice session to UE 2.

5.
The UE 2 responds to the INVITE message with the 200OK message.

6.
The S-CSCF 2 sends the 200OK message to the MGCF/MGW.

7.
The MGCF/MGW sends the ANM message to the CS domain 1.

8.
The CS domain 1 sends the CONNECT message to the UE 1.

9.
Finally the CS voice bearer and VoIP voice bearer is created.

Figure 6.9 describes the call flow for adding a voice session to an existing messaging session of IMS origination and CSI termination, which also corresponds to the interworking scenario 4 (see clause 4) (note that the session for the voice call is set up as a new session from the existing messaging session, i.e. outside of the existing messaging session dialog).
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Figure 6.9: Call flow for adding voice call to existing IMS session (IMS to CSI)
The procedure is as follows:

1.
The UE 2 initiates a request for adding a voice session to the existing IMS session by sending the INVITE message towards the UE 1.

2.
The S-CSCF 2 of the originating network sends the INVITE message including the voice to the S-CSCF 1 of the terminating network.

3.
Triggered by the applicable iFC, the S-CSCF 1 of the terminating network sends the INVITE message to the CSI AS.

4.
The CSI AS invokes the Termination Logic (see clause 6.1) that decides to terminate the voice session to UE 1 over the CS domain 1 of the terminating network. The CSI AS can notice that the received INVITE message is a request for adding a voice to the existing IMS session (MSRP in this example).

5.
The CSI AS sends an INVITE message to S-CSCF 1 containing a Tel URI corresponding to UE 1.

6-12
Normal IMS/CS interworking functionality is invoked and a CS voice call is established toward UE 1 via CS domain 1 of the terminating network.

13-15
The CSI AS accepts the INVITE request of UE 2 (received in step 3) by sending a 200 OK response to UE 2 via S-CSCF 1 and S-CSCF 2.

16
Finally the CS voice bearer and the VoIP bearer are created.

6.8
Call flows: terminating the voice call, IMS session, or both of them
Figure 6.10 describes the signalling flow for terminating the voice call and the IMS session orderly. The assumption is that UE 1 and UE 2 have a voice call and an IMS (MSRP) session established between them.
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Figure 6.10: Signalling flow for terminating a voice call and an IMS session in case of CSI Interworking

1.
1. UE 2 initiates the procedures for terminating the voice call by sending a DISCONNECT message.
2.
2. CS domain 1 of the terminating network sends the REL message to the MGCF/MGW of the terminating network.
3.
3. CF/MGW of terminating network sends the BYE message to CSI AS via S-CSCF 1 for terminating the existing IMS voice session.
5-7
The CSI AS sends the Re-INVITE message to UE 2 for removing the voice from the existing multimedia IMS session. The SDP of this Re-INVITE message is modified and does not include any voice component.
8-13
UE 2 accepts the above INVITE message and responds with a 200 OK message back to CSI AS. It also stops receiving the voice stream. It turn the CSI AS responds back to MGCF/MGW with another 200 OK message and finally the MGCF/MGW sends a RLC message to CS domain 1 to indicate that the voice bearers have been released.

14-18
Later, the UE1 sends a BYE message to CSI AS via S-CSCF 1 for terminating the MSRP session. In response, the CSI AS sends a corresponding BYE message to UE 2 via S-CSCF 1 and S-CSCF 2.

19-23
Finally, the UE 2 accepts the BYE request and responds with a 200 OK message back to CSI AS. The CSI AS further responds with another 200 OK message back to UE 1.

NOTE:
The above voice call termination procedure (steps 1-13) and the MSRP session termination procedure (steps 14-23) can occur independently to each other and in any order.

6.9
Call flows: Session modification

6.9.1
Session modification to the voice session of IMS origination and CSI termination
Figure 6.11 describes the call flow for adding an IMS media component (e.g. an MSRP media component) to existing voice call of IMS origination and CSI termination, which corresponds to the interworking Scenario 6 (see clause 4).
NOTE 1:
The voice call setup of IMS origination and CSI termination is described in clause 6.4.
This is for the case when the UE 2 sends the INVITE message to add the IMS media component using the same dialog for the voice call. The UE 1 is registered to IMS.

NOTE 2:
The procedure below is simplified for clarity, e.g. some entities are omitted, but the normal IMS procedure for IMS/CS interworking procedure shall be applied.
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Figure 6.11: Call flow for adding IMS media component to existing voice call using the same dialog
The procedure is as follows:
1.
The UE 2 initiates a request for adding an MSRP component to the existing voice call by sending the Re-INVITE message towards the UE 1.

2.
The S-CSCF 2 of the originating network sends the Re-INVITE message for the MSRP component to the S-CSCF 1 of the terminating network.

3.
The S-CSCF 1 of the terminating network sends the Re-INVITE message to the CSI AS according to the route headers.

4.
The CSI AS invokes the Termination Logic (see clause 6.1) that decides to terminate the MSRP component to UE 1 over the PS domain or any other IP-CAN currently used by the UE 1. The CSI AS can notice that the received Re-INVITE message is a request for adding an MSRP component to the existing voice session of the UE 1.
5-11
The CSI AS sends to the UE 1 an the Re-INVITE message requesting an MSRP component. The UE 1 accepts this request by sending a 200 OK response, and in turn the CSI AS sends a 200 OK response back to the UE 2.

12.
Finally, the user plane for the MSRP component is created. Note that the MSRP media could go through the CSI AS.
6.9.2
Session modification to the voice session of CSI origination and IMS termination

In case that the existing voice call was established via CSI origination and IMS termination (i.e. the UE 1 in figure 6.11 initiated a CS call towards the UE 2), IMS/CS interworking is done by the MGCF in the terminating IMS domain of the UE 2. The CSI AS is not involved. In this case, the UE 2 can’t modify the IMS session to add an MSRP component to the existing voice session because the re-INVITE message will be routed to the MGCF.

Instead, the UE 2 could initiates a new MSRP session to the UE 1 as shown in the clause x.

NOTE:
It is FFS how to solve this problem, It can be possible to have a solution by having interworking network entities for the CSI origination and the IMS termination.

7
Conclusions
As an interim conclusion, the following aspects are proposed to be standardized.

To facilitate interworking between the UE with the IMS origination and the UE with the CSI termination, CSI AS is introduced in the IMS core of the CSI termination to solve the following interworking scenarios:
Scenario 1: voice call of IMS origination and CSI termination.
Scenario 2: Multimedia session of IMS origination and CSI termination.
Scenario 3: adding IMS session to existing voice call of IMS origination and CSI termination.
Scenario 4: adding voice call to existing IMS session.
Call delivery scenarios for e.g. the case the CSI capable UE is not IMS registered also needs to be standardized.
This interim conclusion is mainly applicable for the CSI capable UE which uses the CS domain for voice calls.
Annex A:
Analysis of Domain selection
A.1
Introduction

There has been discussion on the relationship between CSI interworking and VCC. The main area of the possible overlapping is the domain selection function. This annex analyzes the domain selection function required for CSI interworking and VCC, and discusses how to make the architectures of both works aligned.
A.2
Terminating domain selection
Figure A.1 describes the high level view on the domain selection for the terminating voice call. For simplicity it is assumed that MSISDN for CS and IMS of the VCC terminal is the same (here MSISDN for IMS means that the number used for Tel URI in SIP signalling).

[image: image14.emf]CS originated voice call

Decision 

point 1

Decision 

point 2

CS

IMS

CS

PS

IMS originated voice call

Decision 

point 3

IMS

CS

PS


Figure A.1: The domain selection for the terminating voice call

-
Decision point 1:

When the voice call is from CS domain (i.e. using CS signalling such as ISUP or BICC), the call setup signal is routed based on the called party MSISDN and arrives e.g. at GMSC of the called party’s serving network.


As the called party's IMS MSISDN and CS MSISDN are the same, the behaviour for the CSI only case and for the CSI with VCC case are different.

For CSI termination without VCC subscription, the call will be routed to the CS domain following the principle of keeping the same domain.

For the VCC case, the Called Party’s home network will decide whether to anchor the call in the IMS. If the call is to be anchored, GMSC will route it towards the IMS for anchoring. If the call is not to be anchored, then it remains in the CS domain for termination.
-
Decision point 2:

This is only applied to VCC. When the call is incoming from the CS domain and has been anchored in the IMS, the domain selection function e.g. implemented as an IMS AS, will decide on the domain in which the call is to be terminated. i.e. either CS or IMS.
-
Decision point 3:

For VCC and CSI interworking a call originated in the IMS will always be routed to the IMS for terminating domain selection at decision point 3.

For VCC, the domain selection decision will be done by CCCF which acts as an IMS AS. For CSI interworking, CSI control entity which is also an IMS AS is responsible entity.

NOTE:
For VCC, decision points 2 and 3 are effectively the same.

The main commonality is that the IMS AS will do the domain selection decision when the call is routed to the IMS. By using IMS AS for the CSI control entity, the same architecture as VCC can be reused. It is FFS whether both functionalities can reside in the same AS.
When the UE is both CSI capable and VCC subscribed, then the rule of VCC will be applied.
A.3
Call routing selection for CS originated call
When CS call is originated by a VCC subscribed UE, the Calling Party's home network will decide whether to anchor to the call in which case it will be routed to the IMS for anchoring.
When CS call is originated by a CSI capable UE without VCC subscription, the normal CS call routing is performed.
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